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© The adaptive loop gain phase filter of the inven- 
tion utilizes an averaged value of the phase error at 
each baud time instead of the phase error for gen- 
erating the value of the frequency shift. Such an 
averaged value is obtained by accumulating in accu- 
mulator ACCU2 (34) the phase error at each baud 
time after multiplying it by a factor K 0 , and is pro- 
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vided either every M baud time when a counter (38) 
preset at M reaches 0, or if the contents of accu- 
mulator (34) reach a predetermined limit value. The 
value of the frequency shift which is accumulated in 
accumulator ACCU1 (14) is very accurate and en- 
ables the phase disturbances such as line breaks 
and phase hits to be overcome. 
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ADAPTIVE LOOP GAIN PHASE FILTER 



Technical Field 



The present invention relates to modems, and 
relates particularly to an adaptive loop gain phase 
filter used in a modem receiver, enabling the line 
breaks and the phase hits to be handled. 



Background Art 



In the transmission of data between a first Data 
Terminal Equipment (DTE) and a second DTE over 
telephone lines, each DTE is equipped with a 
modem wherein a carrier signal is modulated by 
the data in a modulator at the transmitting end and 
demodulated in a demodulator at the receiving end. 

In the today modems, the data bit stream re- 
ceived from the DTE at the input of the modem is 
loaded in a serializer/deserializer which provides 
parallel groups of bits, the number of bits in each 
group depending on the data bit rate of the 
modem. Each group is converted to a point in a 
phase-amplitude diagram, all the points of the dia- 
gram forming a constellation. Each point is then 
translated into a couple of values corresponding to 
the coordinates of the point. The technique for 
coding the points of the constellation is described 
in the article entitled "Multidimensional Signal Con- 
stellations for Voice-band Data Transmission" by A. 
Gersho and V. Lawrence, published in IEEE Jour- 
nal of Selected Area in Communications, vol. SAC- 
2, No. 5, 1984. 

Then, these two quadrature signal values are 
modulated by a carrier signal before being spec- 
trally shaped in a filter centered at the carrier 
frequency providing as an output a number of 
samples of the shaped signal each baud time, 
complying with the sampling theorem. At last, the 
samples are provided to a digital-to-analog con- 
verter in order to be converted into an analog 
signal to be sent over the telephone line. 

Reciprocally, on the other direction, the analog 
signal received from the telephone line is first 
converted into digital samples. The samples are 
filtered, and the output of the filter representing two 
in-phase and quadrature components, are used to 
provide a point in the plane corresponding to a 
group of bits. The juxtaposed groups of bits are 
then serially transmitted to the DTE. 

Whatever be the type of telephone lines used, 
leased lines or public lines of the switched tele- 
phone network, the carrier signal is often affected 
by-a frequency shift. Indeed, the signal can be 
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frequency switched one or more times in the 
equipments of the telephone network. As these 
equipments are not sufficiently interdependent, the 
signal which is received by the modem receiver is 
5 no longer maintained at the carrier frequency of the 
transmitting modem. As a consequence, such a 
frequency shift, which can be of about from 0,1 Hz 
to 6 Hz, results in a phase variation at each baud 
time which has to be taken into account by a phase 
io filter incorporated in the modem receiver. 

The phase filters, used in the today modems 
such as the IBM modem 5866 are of the second- 
order loop type wherein the frequency shift is first 
computed by accumulating the phase error evalu- 

75 ated every baud time, and then the phase correc- 
tion to be added to the modem equalizer output to 
compensate for the frequency shift is computed at 
each baud time by an updating of the phase cor- 
rection of the preceding baud obtained from a 

20 combination of the current value of the frequency 
shift and the current value of the phase error. Such 
phase filters enable the frequency shift and the 
resulting phase correction to be computed with an 
accuracy sufficient for transmission rates not great- 

25 er than 14 400 bits/s. But, with a rate as high as 19 
200 bits/s, the accuracy provided by the existing 
phase filters does not enable problems raised by 
phase disturbances to be solved. 

Such phase disturbances are principally due to 

30 line breaks and phase hits. A line break consists in 
a drop of energy of the signal received by the 
modem. During a line break, the modem switches 
to a mode of operation where it expects a synchro- 
nization signal. Nothing allows the modem to distin- 

35 guish between a line break and a normal end of 
transmission. It is only when the energy is detected 
at the receiver input within the modem receive 
range that the modem can know that it was a line 
break. In such a case, it is necessary that the value 

40 of the phase correction be identical to what it would 
have been in case no energy drop occurred. Such 
a condition can be reached only if the value of the 
frequency shift which has been saved just before 
the line break is sufficiently accurate. If not, the 

45 error in the value of the frequency shift leads to an 
error in the value of the phase correction which 
rapidly exceeds a value of some degrees (5 de- 
grees for a 19 200 bits/s modem) for which the 
modem is no longer able to get proper decoding 

so decisions. 

Another phase disturbance occurs in case of a 
phase hit which happens on the telephone line. If 
such a phase hit is higher than a value of some 
degrees (always 5 degrees for a 19 200 bits/s 
modem), the value of the phase correction at the 
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output of the phase filter is suddenly off the correct 
setting due to the value of the phase hit. The 
modem becomes unable to provide significant er- 
rors that would drive the phase filter towards the 
correct phase correction. The decoded decisions 
are random and many high amplitude errors occur, 
which result in a high mean-square error. 



Summary of the Invention 



Brief Description of the Drawings 



The foregoing and other objects will be more 
5 fully described in reference to the accompanying 
drawings wherein: 

Figure 1 depicts a block diagram of the phase 
filter used in the prior modems; 
Figure 2 depicts a block diagram of the adaptive 
70 loop gain phase filter according to the present 
invention. 



Therefore the object of the invention is an 
improved modem phase filter which provides an 
accurate value of the frequency shift. 

Another object of the invention is an improved 
modem phase filter providing an accurate value of 
frequency shift and therefore of the phase correc- 
tion enabling the phase disturbances such as line 
breaks and phase hits to be overcome. 

These objects and others are provided by an 
adaptive loop gain phase filter of the type wherein 
the phase correction to be applied to the received 
signal at each baud time results from the sum of a 
fraction . of the value of the frequency shift, a frac- 
tion of the phase error and the value of the phase 
correction at the preceding baud time, in the phase 
filter of the invention, the phase error is not directly 
used for obtaining the value of the frequency shift 
but is replaced by an averaged value of this phase 
error. Such an averaged value is provided, at each 
baud time, by first accumulating means in re- 
sponse to the value of the phase error multiplied 
by a factor Ko, the contents of the accumulating 
means being provided to. second accumulating 
means in charge of providing the value of the 
frequency shift! in response to either the detection 
that the contents of the first accumulating means 
have reached a predetermined limit value, or a 
periodic gating pulse provided every predeter- 
mined number of baud times. 

The adaptive loop gain phase filter of the in- 
vention provides a very accurate value of the fre- 
quency shift which" enables a phase hit to be dealt 
with a method consisting in saving the value of the 
frequency shift computed just before the phase hit 
occurs, phase rotating the received signal by a 
slowly incremented angle to determine the value 1 of 
the phase correction for which the mean-square 
error presents a minimum, computing the phase 
correction during the phase rotating by using the 
value of the frequency shift being saved, so that 
the phase correction is continually determined as if 
no phase hit has occurred, and adding to the value 
of the phase correction, the value of the slowly 
incremented angle for which the mean-square t error 
presented a minimum. 



Description of the Preferred Embodiment 

75 ~ — — — — - 

Figure 1 shows the block diagram of a phase 
filter used in today high speed modems such as 
IBM modem 5866 operating at 1 4 400 bits/s. 

20 d<f> is a value representative of the phase error 

evaluated every baud time by the receiver in nor- 
mal data mode. It corresponds to the phase dif- 
ference between the point of the constellation 
which has been estimated -after data decoding, and 

25 the received point of the complex plane. This value 
is function of the frequency shift, and also function 
of the noise which pollutes the data signal. As 
shown on the Figure, the phase error d</> is first 
multiplied by a factor Ki in multiplier 10, before 

30 being summed, in adder 12, with the output of 
accumulator 14. 

The value of factor Ki is chosen so as to 
obtain the value of the frequency shift FS in accu- 
mulator 14 according to the equation : 

35 FS(n) = FS(n-1) + Ki.d<*>(n) (1) 

where FS(n-1) is the frequency shift at baud time 
n-1 and FS(n) is the frequency shift at baud time n. 

Then, the value of the phase correction $ to be 
added to the equalizer output to compensate for 

40 the frequency shift and eventual phase intercept, is 
obtained by summing, in adder 20, the frequency 
shift multiplied by factor K2, in multiplier 16, the 
phase error multiplied by factor K3 in multiplier 18, 
and the value of the phase correction at the pre- 

45 ceding baud time : 

<fr(n + 1) = <*>(n) + K 2 .FS(n) + K 3 .d<Mn + 1) (2) 

As already mentioned, such a phase filter 
which is suitable for modems operating at low 
speed, does not computes a value of the frequency 

50 shift sufficiently precise to obviate phase distur- 
bances such as line breaks or phase hits occurring 
in a high speed modem such as a 19 200 bps 
modem. 

A phase filter according to the invention, which 
55 obviates the drawbacks caused by phase distur- 
bances is now described in reference to Figure 2. 
The latter Figure incorporates the block-diagram 
shown on Figure 1 with the same reference num- 
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bers as on the latter Figure. The input of multiplier 
10 (factor Ki) is no longer d<£, but an averaged 
value of d<f> as described now in detail. 

First, the incoming phase error d<£ is multiplied 
by factor Ko in multiplier 30, then summed in adder 
32 with the output of accumulator 34 (ACCU2). 
Thus, the phase error d<£ is accumulated in ACCU2 
after weighting by factor K 0 . 

The value of the accumulator 34 is then pro- 
vided to the input of multiplier Ki by means of gate 
36 according to two ways. In a first way, phase 
counter (PHC) 38 controls the number of baud 
times during which the phase errors d<£ are accu- 
mulated in accumulator 34. Phase counter 38, 
which is initially set to a value M, is decremented 
by 1 at each baud time. As long as the value of 
phase counter 38 is different from 0, the products 
K 0 . d<*> are accumulated in accumulator 34. When 
the counter 38 reaches 0, inverter 40 provides a bit 
1 to OR circuit 42 which conditions gate 36. There- 
fore, the contents of accumulator 34 are transferred 
to the input of multiplier Ki , and processed in the 
same manner as the phase error d<f> in Figure 1. 
When the value of phase counter 38 is 0, inverter 
40 also provides a bit 1 at the input of AND circuit 
42, which enables the phase counter to be set 
again with a value M contained in register 44. 

In the second way, the accumulated value in 
accumulator 34 is monitored by detector 46. When 
the value of ACCU2 reaches a value equal to plus 
or minus a fixed maximum value, detector 46 
sends a pulse to OR circuit 42 and to gate 36 so 
that the value of accumulator 34 can be transferred 
to multiplier Ki. It must be noted that, in both ways, 
the pulse at the output of OR circuit 42 is used to 
reset the contents of accumulator 34. Accordingly, 
it can be easily understood that, if counter 38 is set 
to 0 after each transfer, a new transfer of the 
accumulator 32 contents occurs at each baud time, 
and the operation of the phase filter comes down to 
the operation of the phase filter described on Fig- 
ure 1. 

The phase filter of the invention, thanks to the 
averaging function of the phase error, combining 
the parameters of time (resetting of the phase 
counter) and of magnitude (detection of a predeter- 
mined value), allows to accumulate the phase er- 
rors with a high input gain. Besides, very small 
errors are contributing to the value of ACCU2 and 
the. overall loop gain is maintained. 

The updating formula for the frequency shift FS 
accumulated in accumulator 14 (ACCU1) becomes 



M-l 

FS = V^JCo-d^ 
0 

5 

where an averaging effect is produced, having fac- 
tor Ki proportional to 1/M. 

When entering data mode M is chosen of the 

w order of 100, Ki is equal to 1/2 and K 0 is equal to 
1/16. Then, Ki is decreased in several steps to its 
minimal value, around 1/1000 while M is increased 
up to 1000, which allows to acquire rapidly the 
steady state value of the frequency shift. 

75 As already mentioned, the value of the fre- 

quency shift obtained in the prior art modems 
operating at rates not higher than 14 400 bps is 
determined with a sufficient accuracy. But, the ac- 
curacy is not at all sufficient to overcome the 

20 phase disturbances which can happen in modem 
operating at 19 200 bps. Thus, with registers of 16 
bit capacity corresponding to the today capacity of 
the present signal processors, a phase value dif- 
ference of 360° is associated to the full capacity 

25 that is 65,536 (decimal value), f hat means that the 
lowest variation of the output register contents, that 
is one bit, can be detected only with a phase 
variation higher than 3.10~ 3 degree at each baud 
time, which corresponds to an error in the fre- 

30 quency shift as higher as 0,02 Hz. It is clear that 
the improved smaller phase filter of the invention 
enables much smaller errors in the frequency shift 
to be dealt with. This accuracy imposes to use a 
32-bit representation of the phase correction to- 

35 gether with a 32-bit output register (not represented 
on Figure 2). 

The test of the maximum value of ACCU2 by 
detector 46 enables the slow variations of the fre- 
quency shift to be tracked, its effect contributing to 
have an adaptive loop gain of the phase filter. 

Without the invention, and assuming that Ki is 
chosen equal to 1/32, the noise effect is divided by 
32. With the phase filter of Figure 2, at least 100 
samples of the centered noise value are added 

45 together before modifying the value of ACCU1. The 
noise effect is statistically reduced by the addition, 
before multiplication, by factor Ki . 

The circuit according to the invention, as de- 
scribed above, provides a very accurate value of 

5a the frequency shift which enables the phase distur- 
bances such as line breaks or phase hits to be 
overcome. 

As t explained above, a line break consists in a 
drop of the energy of the signal received by the 
55 modem. During a line break, it is clear that no 
more phase error d<£ is meaning ful or available. 
Therefore, the value of the frequency shift ACCU1 
(see Figure 2) is kept as it was when the energy 
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dropped. But, the value of the phase correction is 
still being computed on during the time of the line 
break, the open loop using the fixed value of the 
frequency shift (ACCU1). 

Equation (2) becomes : 
<*>(n + 1) = <f>(n) + K 2 .FS 

When energy is again detected at the receiver 
input, the phase correction is identical to what it 
would have been in case no line break occurred. 
The very stable value of frequency shift obtained 
with the phase filter of the present invention allows 
to handle line breaks of several seconds without 
exceeding a phase difference of about 5 degrees 
which would be detrimental for the modem to cor- 
rectly decode the received signal. 

A second open-loop node for operation of the 
phase filter according to the invention, is used after 
a phase hit In case of phase hit higher than some 
degrees (5 degrees for a 19,200 bps modem), the 
value of the phase correction <f> is suddenly off the 
correct setting by HIT degrees. The modem is 
unable to provide significant errors that would drive 
the phase filter towards an expected value <J>-HIT. 

The solution consists in rotating the equalizer 
output value by a slowly incremented angle A<f> in 
order to determine whether there exists a particular 
value of the phase correction 4> for which the mean 
square error presents a minimum. Again, as for a 
line break, the value of the frequency shift which 
has been saved before the phase hit occurs, is 
used. The process can be represented by equa- 
tions : 

4>(n) = <fr(n-1) + K 2 .FS + A<fr(n) (3) 
A<fr<n + 1) = A<f>(n) + INC (4) 
Then, the value of A£ for which the mean-square 
error presented a minimum is added to the current 
phase correction, the modem having the best pos- 
sible phase setting to recover. 

The phase scanning must be slow enough to 
cope with the mean-square integration constant. 

A time of 3 or 4 seconds is necessary to scan 
from 0 to 180 degrees. Again, the accurate value of 
the frequency shift obtained with the phase filter of 
the invention allows that the phase correction to be 
- applied does not exceed a critical value (about 5 
degrees) during this scanning time. 

Though a preferred embodiment of the inven- 
tion has been shown in reference to a functional 
block diagram, it will be understood by those 
skilled in the art that the invention can be imple- 
mented in hardwired logic circuit as well as in 
microcode controlling a signal processor, and that 
changes may be made to this embodiment without 
departing from the spirit and scope of the inven- 
tion. 
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1. Adaptive loop gain phase filter in a combined 
amplitude-and-phase-modulation modem wherein a 
shift of the frequency of the signal carrier requires 

5 a phase correction of the received signal at each 
baud time, said filter comprising : 
first accumulating means (34) for providing at baud 
time n + 1 , an averaged value of said phase error, 
from the phase error at baud time n + 1 multiplied 

io by a first factor K 0 ; 

detecting means (46) for detecting when the con- 
tents of said accumulating means reach a predeter- 
mired limit value; 

counting means (38) for providing a periodic pulse 

is every M baud time; 

gating means (36) for outputting the content of said 
accumulating means in response to either the de- 
tection by said detecting means of said predeter- 
mined limit value, or to said periodic pulse pro- 

20 vided by said counting means; 

second accumulating means (14) for providing the 
value of the frequency shift in response to said 
averaged value of said phase error multiplied by a 
second factor (Ki) when said gating means are 

25 enabled; and 

summing means (20) for providing the phase cor- 
rection to be applied to the received signal at baud 
time n + 1 in response to said value of frequency 
shift multi plied by a third factor (K 2 ), said phase 

30 error at baud time n + 1 multiplied by a fourth factor 
(K 3 ) and the value of the phase correction at baud 
time n. 

2. Phase filter according to claim 1 wherein said 
counting means (38) comprises a counter which is 

35 preset to a value M and decremented at each baud 
time, a gating pulse being provided when the con- 
tents of said counter reaches 0 for enabling said 
gating means (36) and presetting again said coun- 
ter to the value M. 

40 3. Phase filter according to claim 1 or 2 wherein M 
is of the order of 1000 and factor Ki is around 
1/1000. 

4. Phase filter according to claim 3 wherein factor 
Ko is 1/16. 

45 5. Phase filter according to claim 4 wherein, when 
the modem starts operating in data mode, factor Ki 
is decreased from an initial value such as 1/2 to its 
final value while M is increased from an initial value 
such as 100 to its final value, thereby allowing to 

so acquire more quickly the steady state of the 
modem. 

6. Method of compensating a phase hit in a com- 
bined amplitude-and-phase-modulation modem 
comprising a phase filter providing a very accurate 
55 value of the frequency shift, said method compris- 
ing the steps of: 

saving the value of frequency shift computed just 
before the phase hit occurs; 

5 
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phase rotating the received signal by a slowly 
incremented angle to determine the value of the 
phase correction for which the mean-square error 
presents a minimum; 

computing the phase correction during the phase 5 
rotating by using the value of the frequency shift 
being saved, so that said phase correction is con- 
tinually determined as if no phase bit has occurred; 
and 

adding to said continually determined value of the 10 
phase correction, the value of said slowly incre- 
mented angle for which the mean-square error pre- 
sented a minimum. 
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